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Introduction

Delay and echo disturbances are likely the most dominant
quality degradation factors in modern telecommunication
scenarios. The use of echo compensation in terminals like
mobile devices and IAD (Integrated Access Devices) with
wireless phones (DECT terminals) is mandatory today in
order to provide high speech quality. Miniaturization and the
use of low priced components often introduce non-linearities
which cannot be appropriately handled by echo cancellation,
neither in terminals nor in IAD’s. Consequently an
appropriate simulation of such echo components is necessary
in order to provide realistic testing capabilities for echo
cancellers to verify performance in such scenarios.

Echo Model

The first step in deriving such a model is the investigation of
sources of echo disturbance inside the terminal. A general
block diagram of the acoustic echo path of a
telecommunication device is shown in Fig. 1.
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Figure 1: Acoustic echo path of a terminal

The following components typically influence the echo
characteristics:

D/A and A/D conversion influence is assumed to be
negligible given the fine precision of modern signal
processing in terminals.

Loudspeaker and its amplifier are considered to be the
most dominant source of non-linear distortions.

Acoustic echo path is the air path between the loudspeaker
and the microphone (outside of the enclosure). It introduces
delay, spectral shaping and attenuation and is considered as a
linear system.

Loudspeaker-Enclosure-Microphone (LEM) echo path
represents the additional (mechanical) coupling between the
loudspeaker and the microphone caused by vibrations and
internal reflections in the terminal housing.

Microphone and its amplifier are not considered to
introduce significant disturbances to the echo path, as long
as there are no excessive echo signal levels (saturation).
Furthermore there are two main noise sources in terminals.
Typically the idle noise in the loudspeaker path is
dominant, but is not relevant for the echo path, while the
noise in the microphone path may influence the
performance of the echo canceller (EC).

As a result of the discussion of the sources of echo
disturbance, the following echo path model is suggested:
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Figure 2: Two-branch echo path model

Non-linear mapping function hyygise together with its level
adjustment Ly, — simulating the non-linear distortion of the
loudspeaker and its amplifier

Linear filter hy, — representing the acoustic echo path
outside of the LEM

Echo return loss Lggy, — simulating the attenuation due to the
acoustic echo path

Propagation time T, — representing the propagation time
needed for the sound wave to travel between the loudspeaker
and the microphone.

Noise parameter ng — simulates the noise inserted in the
sending path of the terminal

This approach does not include the distortions introduced by
the housing vibrations (LEM distortion). Comparison
between speech simulations (generated according to the
upper branch of the echo model) and real device recordings
(recorded with an external measurement microphone,
positioned close to the microphone of the terminal) show
that the amount of simulated non-linear distortions is not
sufficient. The reverberant-like sound, most probably caused
by vibration distortions observed in the real device
recordings is missing in the simulated samples. Thus, this
listening impression motivates a second branch in the initial
echo model approach. It consists of the following blocks:

LP filter — selects only the low-frequency range of the
transmitted signal which typically causes vibration, followed
by non-linear mapping function hygwais¢ Simulating the
vibration distortions.

The block consisting of delay (T,;-T,3) and level adjustment
(Ly1-Ly3) parameters simulates the sound of the additional
(housing vibration) distortion, assuming that the reverberant-
like sound is introduced by a sum of delayed and distorted
copies of the original signal.

Model tuning parameters Ly, and Lygy allow fine tuning
between the two branches of the model.

Echo Model Parameters

In order to derive the parameters for the echo model a
number of measurements were conducted on different
devices (DECTs, mobile phones, etc.) assuming black box
testing approach. The analyses of impulse response, ERL,
harmonic distortion (THD), delay and others allow
derivation of the parameters for the echo model. Further
analyses such as objective and subjective evaluation of the
listening speech quality, EC convergence, spectral
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characteristics, etc. were later used for verification of the
model accuracy.

The echo is analyzed using an external microphone. The
microphone of the tested device itself cannot be used for this
purpose because it is a) not accessible and b) recordings can
only be done in the uplink path without disabling the internal
signal processing. However, the transfer characteristic of the
path between the two microphones is analyzed and
implemented in the linear filter of the echo model.

The distortion characteristics such as presence of odd and/or
even harmonic components and the ratio between the
fundamental and harmonics are obtained. Using some well-
known properties of the transfer characteristics of
mathematical functions (symmetric transfer characteristic
introduces  odd-only  harmonic  components, while
asymmetric leads to even-only or a combination of even and
odd harmonics) a non-linear mapping function of the type
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is used to simulate the loudspeaker distortion.

The speech recordings of the device are analyzed and used
for tuning the cut-off frequency of the LP filter (typically 2

kHz) as well as the slope and the clipping threshold of
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The parameter j — 2a (for —l1<a<l1) allows
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modification of the function characteristics (such as slope
and clipping threshold) responsible for the acoustical
characteristics (“sound”) of the distortion introduced by the
second branch.

Cross-correlation delay measurement is used to extract the
T, and L, parameters. The delays are calculated as the
distance between the acoustic delay (main peak in the cross-
correlation analysis) and the next peaks (resonances of the
housing vibration). Level parameters L, are calculated from
the peaks’ amplitudes.

For simulation purpose the echo attenuation, propagation
delay and noise are chosen as free parameters, but can
generally be assessed using standard measurements.

Verification of Results

Fig. 3 exemplarily shows the POLQA results for speech using
real device recording (rec) and three simulations — one linear
(impulse response only (linsim)) and two non-linear
(loudspeaker distortion (NLsiml) and full echo model
(NLsim2)). The scores are obtained using the POLQA
algorithm [2] designed to objectively assess the listening
quality of speech. The four bars on the left-hand side of Fig. 3
show the results for a narrowband device used in hands-free
mode, while the values for a wideband device in hands-free
mode are shown on the right-hand side. The target that the
echo model tries to simulate is the result of the real device
recording (black). It can be seen that for both narrow- and
wideband cases, using only impulse response simulation
(blue) is not sufficient.
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Figure 3: POLQA results

In narrowband, the additional non-linear simulations (red and
orange) show a better approximation of the target value. As
expected (due to its acoustical motivation) the non-linear
simulations of both — loudspeaker and enclosure vibration -
distortions lead to POLQA scores that are closer to reality.
The results in wideband mode show that the speech samples
for the two non-linear simulations and the real device
recording are rated with the same scores.
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Figure 4: EC convergence

Similar results can be seen in the EC convergence
verification test (Fig. 4). The echo recorded from the real
device is attenuated by approximately 15 dB, which gives
the target value for the simulations. Again linear impulse-
response-only simulation does not introduce enough non-
linearities to the EC. The simulated signal is attenuated by
approximately 40 dB. The two non-linear simulations are
treated in almost the same way by the EC — both lead to an
approximately 20 dB lower attenuation in comparison to the
linear simulation. The EC performance still seems to be 5 dB
better compared to the real device. However, the current
solution is already relatively close to the existing phone.

Conclusions

Simulations of terminals by “impulse-response-only” is not
sufficient for realistic testing and it is the processing of non-
linearities that distinguishes the performance of echo
cancellers.

The echo model that is suggested in this contribution
achieves better approximation of reality in comparison with
linear, impulse-response-only simulations. In addition it
reduces the necessary test setup (i.e. no need of acoustical
testing) and provides reproducibility of testing.
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